This paper presents a new modified algorithm of 16 kb/s ADPCM. The modification is related to the adaptive predictor rather than the adaptive quantiser. The purpose of this modification is to reduce the nonlinear distortion introduced by ADPCM when a high data rate signal passes through it. The performances of standard and modified algorithms are studied using a QAM signal at a data rate of 9.6 kb/s. The simulation results show that the performance of modified ADPCM is better than the standard ADPCM.
Introduction
To ensure efficient and economical use of both digital links of large capacity and those of small capacity in international communication networks, the introduction of 32 kb/s ADPCM coding technology is planned, and this technology maintain a quality comparable to that of 64 kb/s PCM. Furthermore, ADPCM can be easily and efficiently incorporated together with digital speech interpolation in Digital Circuit Multiplication Equipment (DCME), which has been scheduled to be installed in optical submarine cable systems and international satellite communication systems. In addition, superior performance, economy, and application flexibility of ADPCM relative to other bandwidth reduction techniques, were the primary reasons for its selection.
A recommended definition of the ADPCM algorithm was published by International Telephone & Telegraph Consultative Committee [CCITT, the new name is International Telecommunication Union (ITU)], as per Recommendation G.721 [1] .
It was recognised at the study group XVIII meeting [1] that voiceband data performance at 9.6 kb/s would not be acceptable with the standard 32 kb/s ADPCM because ADPCM adds severe nonlinear distortion to the voiceband data signal at high data rates.
Thus, the interests of many researchers have been directed towards an ADPCM codec capable of providing better performance for speech and voiceband data signal at high data rates.
Exhaustive work has been performed to accommodate highspeed voiceband data signals, either by modifying the algorithm of ADPCM [2e7] or by modifying the model of the data transmission system [8e11].
2. ADPCM structure 2.1. General structure Fig. 1 shows a simplified block diagram of the ADPCM codec. Two major components form the algorithm: an adaptive quantiser and an adaptive predictor. The relation between the encoder and the decoder is also depicted. The difference between them is that the encoder has adaptive quantiser (Q) and inverse adaptive quantiser (Q ¡1 ); however, the decoder has an inverse adaptive quantiser only. The decoder is simply a subset of the encoder and transmits r(n) as its output instead of c(n). The adaptive predictor computes an input signal estimateŝ(n), which is subtracted from input signal s(n), resulting in a difference signal d(n). The adaptive quantiser codes d(n) into 2-bit codeword c(n), which is sent over the transmission facility. At the receiving end, an ADPCM decoder uses c(n) to attempt to reconstruct the original signal s(n). In fact, only r(n) can be reconstructed, which is related to the original input signal s(n) by rðnÞ ¼ sðnÞ þ eðnÞ (1) where eðnÞ ¼ dqðnÞ À dðnÞ ¼ rðnÞ À sðnÞ (2) is the error introduced by the quantiser, and dq(n) is the output of inverse adaptive quantiser. A typical measure of the ADPCM performance is given by the signal-to-error ratio (S/N e ) S=N e ¼ E½s 2 ðnÞ=E½e 2 ðnÞ ¼ s 
where E denotes expectation, s 2 s is the power (or variance) of input signal, and s 2 e is the power (or variance) of the error signal.
Standard ADPCM
The standard algorithm of 16 kb/s ADPCM (ADPCM-1) uses an adaptive predictor that is composed of two poles and six zeros. The details of this predictor are found in Ref. [4] .
Modified ADPCM
The modified algorithm of 16 kb/s ADPCM (ADPCM-2) uses sophisticated adaptive predictor that is composed of the 10th order adaptive zero predictor, the 4th order adaptive pole predictor, the 16th order fixed-pole predictor, and the offset predictor. This predictor was previously developed to be used for 32 kb/s ADPCM [6] , but here, it is used for 16 kb/s ADPCM.
Model of QAM modem
The first model of QAM modem, named modem-I, operates at symbol rate of 2400 baud, and each symbol is represented by 4-bits (trellis coding is excluded) yielding a data rate of 2400 Â 4 ¼ 9.6 kb/ s. The number of points in a M-ary QAM constellation is equal to 2 4 ¼ 16 points. The design of the QAM constellation plays an important role in reducing the effect of channel noise [12] ; additionally, it plays a role in reducing the distortion of ADPCM [9] . Some of constellations considered here are shown in Fig. 2 , for 16-point, rectangular, (5,11), (4, 12) , (8, 8) circular. The second model of the QAM modem, named modem-II, operates at the symbol rate of 3200 baud, with each symbol is represented by 3-bit (trellis coding is excluded) yielding a data rate of 3200 Â 3 ¼ 9.6 kb/s, with a 2 3 ¼ 8-point constellation. Fig. 3 shows some of the 8-point constellations, rectangular, (1,7), and (4,4) circular.
Model of data transmission
As mentioned previously, a typical measure of ADPCM performance is given by S/N e in Equation (3). Another approach for measuring the performance of ADPCM is by considering the model of data transmission shown in Fig. 4 . This model consists of random data generator, which generates binary data (each 4-bit/3-bit mapped into one of 16-point/8-point of QAM constellation), QAM transmitter with an output having a symbol rate of 2400/3200 baud and a data rate of 2400 Â 4 bits ¼ 3200 Â 3 bits ¼ 9.6 kb/s, ADPCM codec, Additive White Gaussian Noise (AWGN), QAM receiver, and a detector that is a simple threshold (the output of detector takes one
Step-size adaptation Adaptive predictor of 16-point/8-point compared to the transmitted symbols to calculate the symbol error rate). In this model, only two types of impairment are considered, AWGN, and nonlinear distortion of ADPCM.
The performance of the whole system is measured by drawing a symbol error rate (SER) versus the signal-to-noise-ratio (SNR). The SER is given by SER ¼ NEDS=NTS (4) where NEDS is the number of erroneous detected symbols, and NTS is the number of total transmitted symbols.
Note that, at a high SNR, the impairment is dominated by the nonlinear distortion of ADPCM, so at a high SNR, the SER is due to the nonlinear distortion of ADPCM.
Computer simulation test
A series of computer simulation tests were performed on ADPCM-1 and ADPCM-2 using two QAM modem signals at 9.6 kb/s with constellations shown in Figs. 2 and 3 . The performance of the ADPCM is measured by calculating S/N e in Equation (3). Table 1 shows the results of testing ADPCM-1 and ADPCM-2 using modem-I. Apparently, the performance of ADPCM-2 is better than the performance of ADPCM-1 by approximately 2.3 dB. In addition, the performances of both algorithms with circular constellation are better than that with rectangular one by approximately 0.7 dB. Table 2 shows the results of testing ADPCM-1 and ADPCM-2 using modem-II. Apparently, the performance of ADPCM-2 is better than the performance of ADPCM-1 by approximately 2.4 dB. In addition, the performances of both algorithms with circular constellations are better than that with rectangular ones by approximately 0.3 dB.
The comparison between the two modems shows that the performances of ADPCM-1 and ADPCM-2 with modem-II are better than those with modem-I.
In addition, a series of computer simulation tests have been performed on the system in Fig. 4 , considering only rectangular constellation for both modems. The performance of the whole system is measured by drawing SER versus SNR (in dB), where the SER is given by Equation (4). Fig. 5 shows the performances of the system with ADPCM-1, and with ADPCM-2 using modem-I and modem-II. Apparently, the SER of the system with ADPCM-1 and modem-I remains constant at 2 Â 10 À2 at SNR > 26 dB. However, the SER of the system with ADPCM-2 and modem-I remains constant at 8 Â 10
À3
at SNR > 26 dB. In addition, for ADPCM-1 and modem-II, the SER remains constant at 8.5 Â 10 À3 at SNR > 26 dB, while, for ADPCM-2 and modem-II, and the SER remains constant at 5 Â 10 À3 at SNR > 26 dB. Thus, the performance of the system with ADPCM-2 is better than that with ADPCM-1 for both modems. These constant symbol error rates are due to the nonlinear distortion of ADPCM.
Conclusion
Two algorithms of 16 kb/s ADPCM have been studied and compared using QAM signal at data rate of 9.6 kb/s. The simulation results show that the performance of ADPCM-2 is better than that of ADPCM-1. In addition, the performances of both algorithms with circular constellations are better than that with rectangular constellation. 
